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ABSTRACT
We are addressing the following scenario: A concert is recorded with a stereo microphone technique. Ad-
ditionally, several instruments or groups of instruments are recorded with spot microphones. The proposed
technique adaptively in time estimates the impulse response between the spot microphones and the left and
right stereo microphones. The spot microphones, filtered with the estimated impulse responses, are scaled
and subtracted/added from the stereo microphone signals to attenuate/amplify the corresponding instru-
ments. No amplitude panning and reverberators are needed, while the auditory spatial image attributes of
the stereo recording are not altered.
1. INTRODUCTION
A setup for making a stereo recording is illustrated
in Figure 1. A stereo signal, y1(n) and y2(n),
is recorded using a stereo microphone technique.
Stereo (or multi-channel) microphone techniques are
usually being optimized for ”capturing” (in the form
of a stereo signal) the auditory spatial image that
is perceived by a listener during a musical perfor-
mance. Attributes of the auditory spatial image are
locations [1] and widths [2] of virtual sources and
listener envelopment [3].
However, it is likely that the balance of the level be-
tween the various instruments in the stereo recording
is not optimal. Therefore, usually a number of mi-
crophones are placed close to instruments or groups
of instruments, denoted spot microphones, yielding
signals xi(n) (1 ≤ i ≤ L), where L is the num-
ber of spot microphones. If an instrument in the
stereo recording is not loud enough, the correspond-
ing spot microphone recording is used to amplify it.
Usually, amplitude panning [4, 5, 6, 7] is applied to
the spot microphone signal to match the direction of
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Fig. 1: Setup for carrying out a stereo recording. A
stereo signal is captured using a stereo microphone tech-
nique. Single instruments or groups of instruments are
captured with spot microphones.
the corresponding instruments in the stereo record-
ing. Additionally, reverberators [8, 9, 10] are applied
for mimicking the source width and envelopment as-
sociated with the corresponding instrument. More
sophisticated techniques have been introduced, such
as virtual surround panning (VSP) [11], which model
the room impulse responses of a room to mimic the
impulse responses from the spot microphones to the
stereo microphones. Note that a limitation of tech-
niques using reverberators or room models is that
they do not consider the effect of the impulse re-
sponse from the instrument to the spot microphone.
It is a tedious task for the recording engineer
to select amplitude panning and reverberator pa-
rameters such that an instrument can be ampli-
fied in the stereo recording without (negatively)
altering the auditory spatial image attributes of
the non-modified stereo recording. The previously
mentioned VSP may sound a bit more natural
than conventional amplitude panning and may be
more straight forward to use. However, amplitude
panning-based techniques and VSP can only be used
to amplify instruments in the stereo recording, but
not to attenuate them. This is so, because instru-
ments in the stereo recording can only be attenu-
ated (by subtraction) if accurate estimates of the
instrument signal components to be attenuated are
available. Since previous techniques do not estimate
these signal components accurately they can not be
used for attenuation of instruments.
The proposed technique aims at addressing both of
the mentioned shortcomings (difficulty to select opti-
mal amplitude panning and reverberator parameters
and inability to attenuate instruments in the stereo
recording). We estimate the impulse responses be-
tween the spot microphones and the left and right
stereo recording microphones. By convolving each
spot microphone signal with the corresponding esti-
mated impulse responses, an estimate of the stereo
signal component of each instrument is obtained. By
subtracting scaled versions of these estimated stereo
signals from the stereo recording, the level of instru-
ments in the stereo recordings can be attenuated.
By adding scaled versions of the estimated stereo
recordings, instruments in the stereo recording are
amplified while maintaining their spatial properties
(direction, distance, width, and envelopment) with-
out a need for manually tuning amplitude panning
and reverberator parameters.
The proposed technique is not limited to modifying
stereo recordings. It can also be applied to multi-
channel surround recording techniques. In this case,
the impulse responses are estimated between each
spot microphone and each surround recording chan-
nel.
The paper is organized as follows. Section 2 defines
the problem of estimating the impulse response be-
tween the spot microphones and the stereo micro-
phones and derives the optimal solution in the least
squares sense. Section 3 describes how the stereo
recordings are modified, given the estimated impulse
responses. Implementation details and practical is-
sues are discussed in Section 4. Simulation results,
using real stereo and spot recordings are presented in
Section 5. The conclusions are presented in Section
6.
2. ESTIMATING THE IMPULSE RESPONSES
FROM THE SPOT MICROPHONES TO THE
STEREO MICROPHONES
The notation that is used in the following is sum-
marized in Figure 2. The stereo microphone signals
and spot microphone signals are denoted yi(n) and
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Fig. 2: The notation that is used for signals and room
impulse responses.
xi(n), respectively. The room impulse response from
an instrument with index i to its spot microphone
(also index i) is denoted gi(n). The room impulse
response from an instrument with index i to the left
and right stereo microphones are denoted f1,i(n) and
f2,i(n), respectively.
Given the defined variables, the stereo signal which
is captured by the stereo microphone technique can
be written as
y1(n) =
L∑
l=1
f1,l(n) ? sl(n) + v1(n)
y2(n) =
L∑
l=1
f2,l(n) ? sl(n) + v2(n) , (1)
where si(n) are the sound sources (instruments), L
is the number of instruments (for simplicity the same
as number of spot microphones), v1(n) and v2(n) are
noise signals, and ? is the linear convolution opera-
tor.
The spot microphone signals can be written as
xi(n) = gi(n) ? si(n) + wi(n) , (2)
where wi(n) is noise and gi(n) is the room impulse
response between the instrument and its spot micro-
phone. The noise is composed of ambient noise and
v1(n)
∑
gisi(n)
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wi(n)
∑
f1,i e(n)
hˆ1,i
∑
l !=i
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 
 
 
 
 

xi(n)
Fig. 3: The relation between the various filters and sig-
nals for a spot microphone with index i and the left
stereo microphone signal y1(n).
signal components arising from other instruments
than the one to which the spot microphone is as-
sociated.
The transfer functions between the recorded stereo
signal, y1(n) and y2(n), and a spot microphone sig-
nal xi(n) are
H1,i(jω) =
F1,i(jω)
Gi(jω)
H2,i(jω) =
F2,i(jω)
Gi(jω)
, (3)
where Gi(jω), F1,i(jω), and F2,i(jω) are the Fourier
transforms of gi(n), f1,i(n), and f2,i(n), respectively.
In the following, analysis is only carried out with re-
spect to the left stereo microphone. The derivations
for the right stereo microphone (or other surround
microphones) are similar. Figure 3 illustrates the
relation between signals and filters for a spot micro-
phone with index i and the left stereo microphone.
It is assumed that all signals are zero mean. Given
a transfer function estimate Hˆ1,i(jω), the estimate
of the spectrum of the signal of the instrument with
index i contained in the left stereo signal is
Yˆ1,i(jω) = Hˆ1,i(jω)Xi(jω) . (4)
The error signal spectrum is defined as
E(jω) = Y1(jω)− Hˆ1,i(jω)Xi(jω) . (5)
As error criterion we use the mean square error
(MSE),
J(Hˆ1,i(jω)) = E{E(jω)E
?(jω)} , (6)
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where E{.} denotes expectation and ? denotes com-
plex conjugate. (Note that E(jω) is the error spec-
trum and E{.} is the expectation operator). This
can be written as
J(Hˆ1,i(jω)) = E{(Y1(jω)− Hˆ1,i(jω)Xi(jω))
(Y1(jω)− Hˆ1,i(jω)Xi(jω))
?} ,
(7)
or
J(Hˆ1,i(jω)) = E{Y1(jω)Y
?
1
(jω)}
−Hˆ?
1,i(jω)E{Y1(jω)X
?
i (jω)}
−Hˆ1,i(jω)E{Y
?
1
(jω)Xi(jω)}
+Hˆ1,i(jω)Hˆ1,j(jω)
?E{Xi(jω)X
?
i (jω)} .
(8)
The derivative of a real-valued function with respect
to its complex variable is equal to its partial deriva-
tive with respect to the complex conjugate of its vari-
able (while holding the complex variable constant)
[12, 13]. Thus, the minimum of (8) is found by com-
puting the partial derivative with respect to Hˆ?1,i(jω)
and setting it to zero,
∂J(Hˆ1,i(jω))
∂Hˆ?1,i(jω)
∣∣∣∣
Hˆ1,i(jω)
= 0 , (9)
resulting in
−E{Y1(jω)X
?
i (jω)}
+Hˆ1,i(jω)E{Xi(jω)X
?
i (jω) = 0 . (10)
The transfer function between the spot microphone
and the left stereo microphone, optimal in an MSE
sense, is thus
Hˆ1,i(jω) =
E{Y1(jω)X
?
i (jω)}
E{Xi(jω)X?i (jω)}
. (11)
Impact of noise on estimation In order to see
what impact the noise signals v1(n), v2(n), and w(n)
have on the transfer function estimate, we are re-
writing (11) by substituting Fourier transforms of
(1) and (2) into (11),
Hˆ1,i =
E{(
∑L
l=1
F1,lSl + V1)(GiSi +Wi)
?}
E{(GiSi +Wi)(GiSi +Wi)?}
. (12)
Note that we ignored the jω argument in the spec-
tra for shorter notation. Assuming that the spot
microphones contain signal of only one instrument,
i.e. wi(n), v1(n), and si(n) are mutually indepen-
dent, (12) can be simplified to
Hˆ1,i =
F1,iG
?
iE{SiS
?
i }
E{GiG?i SiS
?
i +WiW
?
i }
. (13)
When there is no noise in the spot microphone sig-
nals (Wi(jω) = 0), then (13) is equal to the real
transfer function (3). Noise in the spot recordings
(Wi(jω)) results in a bias in the estimated transfer
function. Thus, the amount of noise in the spot mi-
crophones is to be minimized. Noise in the stereo mi-
crophone signals (Vi(jω)) has no effect on the least
mean square solution of the transfer function.
When not only the intended instrument signal is con-
tained in the spot microphones, v1(n) can not be
considered as independent of y1(n). In this case,
(12) can be written as
Hˆ1,i =
F1,iG
?
iE{SiS
?
i }+
∑L
l=1G
?
l E{V1S
?
l }
E{GiG?i SiS
?
i +WiW
?
i }
. (14)
This implies that the estimate is more biased and
therefore it is desirable to set up the spot micro-
phones such that they mostly contain signal of only
one instrument. Otherwise, the transfer function es-
timate will be inaccurate. The impulse response es-
timate is the inverse Fourier transform of Hˆ1,i(jω).
3. MODIFYING STEREO RECORDINGS
Given the estimated impulse responses, hˆ1,i(n) and
hˆ2,i(n), the stereo signal is modified by
y˜1(n) = y1(n) +
L∑
i=1
(10
ai
20 − 1)hˆ1,i(n) ? xi(n)
y˜2(n) = y2(n) +
L∑
i=1
(10
ai
20 − 1)hˆ2,i(n) ? xi(n) , (15)
where ai are the desired gain values in dB for the
instruments corresponding to the spot microphones.
Positive gain values increase the level of an instru-
ment and negative gain values attenuate the level of
an instrument (if the estimated hˆ1,i(n) and hˆ2,i(n)
are precise enough).
4. IMPLEMENTATION DETAILS AND PRAC-
TICAL ISSUES
4.1. Implementation details
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Fig. 4: Given two measured room impulse responses for
f1,1(n) and g1(n), the impulse response between the spot
and stereo microphone, h1,1(n), is shown.
The signal spectra Xi(jω) and Yi(jω), needed for
the estimation of the transfer functions (11), are es-
timated using a discrete short-time Fourier trans-
form (STFT). We are using a Hann analysis window
with 50% overlap. The length of the STFT win-
dow is determined experimentally for each specific
recording. For simplicity, in the following, we are
denoting the discrete estimated signal spectra the
same as previously (jω argument as opposed to dis-
crete frequency index). The time index k is used for
numbering STFT spectra in time.
Due to thermal fluctuation room impulse responses
are changing all the time [14]. Thus, the estimations
need to be carried out in a time adaptive manner.
The transfer function H1,i(jω) (11) is in practice
estimated by
Hˆ1,i(jω, k) = Bi(ω)
E{Y1(jω, k)X
?
i (jω, k)}
E{Xi(jω, k)X?i (jω, k)}+ r
,
(16)
where Bi(ω) is a real valued gain function, r is a
positive real regularization constant, and the time
index k indicates that the estimation is carried out
in a time adaptive manner. The gain function Bi(ω)
is selected such that the resulting impulse response
will be bandpass filtered to the spectral range in
which the instrument of the spot recording has non-
negligible energy. The cross-spectrum and power
spectrum means are estimated iteratively by
E{Y1(jω, k + 1)X
?
i (jω, k + 1)} = αX
?
i (jω, k)Yi(jω, k)
+(1 − α)E{Y1(jω, k)X
?
i (jω, k)}
E{Xi(jω, k + 1)X
?
i (jω, k + 1)} = αX
?
i (jω, k)Xi(jω, k)
+(1− α)E{Xi(jω, k)X
?
i (jω, k)} . (17)
The factor α determines the degree of smoothing of
the estimation over time. The time constant of the
exponential decay in seconds is
T =
M
αfs
, (18)
where fs is the sampling frequency and M is the
STFT window hop size.
5. SIMULATIONS
5.1. What impulse responses to expect
For illustrative purposes we took two measured im-
pulse responses for f1,1(n) and g1(n) and computed
the impulse response h1,1(n) between the spot mi-
crophone and stereo microphone (3). We reduced
the length of the measured impulse response for
g1(n) since the spot microphone is typically set up
such that it captures as little reverberation as pos-
sible. Figure 4 shows the three impulse responses.
The inversion of g1(n) results in that h1,1(n) is not
causal anymore.
Note that the impulse response h1,1(n) does not look
like a typical room impulse response (unless the spot
microphone is such that g1(n) ≈ δ(n)). Thus, early
and late parts of f1,1(n) can not be directly related
to early and late parts of h1,1(n). This also indicates
the limitation of previous techniques, since their ra-
tionale is always the modeling of a room impulse
response to be applied to the spot microphones.
5.2. Processing a classical stereo recording
We experimented with a real classical recording
which was recorded as is described in the follow-
ing. A total of 16 microphones have been used for
the recording of the “Turangalˆıla-Symphony” from
Olivier Messiaen, a French composer, who wrote the
symphony between 1946 and 1948. Almost 100 mu-
sicians, most of them students from the “Hochschule
fu¨r Musik & Theater” in Zurich and Geneva played
this impressive piece of music.
Two Jecklin-disks, equipped with B&K4006 mi-
crophones, an AMS-Soundfield microphone using
Ambisonic B-format, and 11 complementary spot-
microphones have been used for the recording.
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Fig. 5: Microphone setup of the classical recording that
we processed.
Capturing the instrument “Ondes Martenot” accu-
rately was a challenge and the microphone setup is
highlighted in Figure 5.
Mic. No. Specification
1 and 2 Jecklin Disk OSS, B&K4006
3 and 4 Jecklin Disk OSS, Sanken
5 and 6 Schoeps MK2S
7 Harp, Neumann U87
8 Base drum, Neumann KM84
9-11 Wood instruments, Neumann U87
12-15 AMS-Soundfield
16 “Ondes Martenot”, Neumann KM84
Table 1: Purpose and type of the microphones in Figure
5.
The 16-tracks have been recorded, using a Mackie
SDR24/96-Harddisk Recorder, in parallel with a
Pyramix-Recording System from Merging Technolo-
gies, operating in DSD-Recording mode.
Figure 6 shows an example of estimated impulse re-
sponses between the Base drum spot and the left
and right Jecklin Disk microphones 1 and 2, hˆ1,1
and hˆ2,1.
To get correct spatialization when increasing the
gain of instruments (ai > 0 dB in (15)) is rather
unproblematic and does not need very high preci-
sion of the impulse response estimates. It is impor-
tant to choose the gain filter Gi(ω) and regulariza-
tion r appropriately for each spot microphone in or-
der to get a reasonable estimate. We were also able
−0.02
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Fig. 6: The estimated impulse responses for a classical
stereo recording with a spot microphone for the Base
drum spot microphone.
to attenuate instruments in the stereo recording. If
the choice of the time constant T is short enough
(i.e. only very time-local information is used for im-
pulse response estimates) instruments can always be
attenuated. But if T is chosen too short, artifacts
occur since then the estimated impulse responses are
only effective very locally and do not correspond to
the real impulse responses.
6. CONCLUSIONS
We proposed a technique for modifying stereo (and
multi-channel) microphone recordings using spot mi-
crophone recordings. The impulse responses from
each spot microphone to the stereo microphones are
estimated and used for estimating the signal com-
ponents of instruments in the stereo recording. By
adding or subtracting these estimated signal compo-
nents, the level of instruments in the stereo recording
can be increased or decreased, respectively, without
altering the auditory spatial image associated with
the stereo recording.
We carried out a number of proof of concept exper-
iments, which show that in principle the proposed
method works on real recorded audio material. The
selection of the estimation parameters, such as the
regularization, gain filter, and estimation time con-
stant, is critical and more research is required for
finding optimal or nearly optimal solutions.
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